ABSTRACT Voice over IP (VoIP) is the multimedia service with the fastest growth on current cellular systems and this trend will continue in the future. Voice transmission by VoIP users with traditional dynamic scheduling schemes could become a bottleneck in the signaling channels due to the periodic transmission of signaling small packets. To solve this problem, persistent scheduling has been proposed. Since the resource allocation information is indicated in the first burst of persistent data, no information resource allocation is required for the duration of the data bursts. This paper presents a performance study of the persistent scheduling based on the transmission of VoIP traffic, using as mathematical tools order statistics and teletraffic analysis. A combination of interference analysis and birth and death processes is performed to obtain the average transmission rate in the system using the Shannon equation. We obtain the order statistics of band signal-to-interference ratios (SIRs) by considering the co-channel interference. The order statistics are then used to analyze a best-m band feedback scheme, in which every user reports the index of their bestm bands to the base station. If multiple users present a band as their best band, two different approaches are analyzed: 1) random allocation and 2) Maximum SIR allocation. The probability density function of the SIR was obtained; it is observed that the Maximum SIR allocation has a significant gain of up to 20% in regard to the random allocation. After that, the probability of using a specific modulation and coding scheme is obtained. In order to obtain the probability of forced termination and the average data rate, these probabilities are introduced in the birth and death process as a different arrival rates and service times. It is observed that the order statistics model the cellular systems are more accurate. As an example for uniform user distribution and voice over VoIP traffic, the numerical results shown that the probability of forced termination is corrected by more than 70% in comparison without order statistics. Moreover, using the methodology developed with order statistics, an evaluation is made for a non-uniform user distribution with Skype traffic, considered as a very important service for 5G cellular systems.
I. INTRODUCTION
With the growing popularity of mobile devices such as smartphones and mobile tablets, mobile data traffic has been steadily increasing. Among the applications accounting for this growth are Voice over IP (VoIP) and real-time conversational video, both of which are subject to stringent Quality of Service (QoS) requirements on delay and reliability [1] . VoIP in wireless cellular networks has drawn more and more interest recently because of its integrated IP infrastructure [2] . The packet scheduling algorithms and related resource allocation methods are destined to play a pivotal role among all the elements of the system [3] .
The IP networks convergence aggregates all data services in one backbone. The QoS of these services does not face any capacity constrains in high bandwidth networks. On the other hand, limited bandwidth networks, e.g. wireless networks, are designed to handle priority services such as real-time voice [4] .
Eventhough the data traffic and the data revenues are increasing, the voice service still contributes to a considerable amount of the operators revenues. Having a lot of influence on people's daily lives. Nowadays, VoIP applications, such as Skype, Gtalk and Asterisk, have become very popular on the Internet. Since Orthogonal Frequency-Division Multiple Access (OFDMA) Cellular System use packet services, the voice service uses Voice over IP (VoIP) instead of Circuit Switched (CS) voice. As more and more LTE base stations are being deployed, VoIP is replacing the CS technology becoming the main method for voice service [5] .
A large number of VoIP users consume so many signaling resources by traditional resource allocation schemes that the performance of other data services will be impacted consequently. Thus, it is important to find an effective resource allocation algorithm to ensure not only the quality of voice service but also the performance of other data services [5] .
The traditional scheduling scheme for the data transmission is dynamic scheduling. Dynamic scheduling has the advantage of exploiting the instantaneous channel state information, but it results in high overhead of control signaling with huge number of VoIP users for small packets that show up frequently [5] .
However, since control signaling and user data share the same wireless resources, they may require a significant amount of control signaling overhead for accommodating small-sized delay-sensitive traffic, such as VoIP service. Kwon et al. [6] showed that up to 60% resource is occupied by signaling overhead for supporting VoIP service in the IEEE 802.16e system. To overcome this drawback, a persistent scheduling scheme has been proposed in IEEE 802.16e/m [7] , [8] , 3GPP LTE [9] , and 3GPP2 UMB [10] , [11] .
Dynamic scheduling of each VoIP packet/transmission is naturally the most flexible from the scheduling and resource usage point of view, but also requires more signalling. A fully dynamic scheduling means that the User Equipment (UE) sends a resource request for every VoIP packet, Node B allocates resources for every VoIP packet separately and for every retransmission separately [2] . With dynamic scheduling VoIP users can benefit from time/frequency selective scheduling and unused resources due to silent periods, as well as early termination of Hybrid Automatic Repeat Request (HARQ) can be easily reallocated to other VoIP users [12] . In persistent scheduling, a resource is assigned periodically and, therefore, the resource allocation information is indicated in the first burst of data and information resource allocation is not required for the duration of the data bursts. Compared to conventional scheduling, persistent scheduling can significantly reduce signaling overhead and, thus, improve system performance [13] .
LTE access network, based on OFDMA, supports a wide range of multimedia and Internet services even in high mobility scenarios. Therefore, it has been designed to provide high data rates, low latency, and an improved spectral efficiency with respect to previous 3G networks. To achieve these goals, the Radio Resource Management (RRM) block exploits a mix of advanced MAC and Physical functions, like resource sharing, Channel Quality Indicator (CQI) reporting, link adaptation through Adaptive Modulation and Coding (AMC), and Hybrid Automatic Retransmission Request (HARQ) [14] .
Capozzi et al. [14] provides an overview of the key issues that arise in the design of a resource allocation algorithm for LTE networks. They provide an extensive survey on downlink packet allocation strategies recently proposed for LTE networks, highlighting at the same time key issues that should be considered when designing a new solution. Persistent scheduling has been studied by simulation in [2] , [12] , and [15] . Dajie et al. [2] obtain the system capacity guaranteeing the QoS requirements such as packet delay and packet loss rate of VoIP. In [12] the impact of different VoIP packet sizes, different usage scenarios and different scheduling mechanism are studied. In [15] the VoIP capacity as a function of Physical Downlink Control Channel (PDCCHs) with different packet schedulers are shown. In literature there are few papers reported that focus on the mathematical modelling of persistent schedulers, among which [16] - [18] are found. In this paper we focus on the analysis of persistent schedulers using mathematical tools. In [16] the random access delay of semipersistent scheduling for VoIP is evaluated by constructing an approximate model. In [17] they study the performance of frequency allocation schemes in OFDMA-based systems. They develop an analytical model for the collisions for an arbitrary number of users in the different cells, then calculate the capacity of the system using a Markov model and taking into account the inter-cell interference and its impact on the adaptive modulation by means of full coverage areas without considering instantaneous changes and order statistics. Jason et al. [18] derive a statistical model for the device queue size and packet delay in static and adaptive persistent allocations which can be used for any arrival process. They derive the device queue size probability mass function (pmf) and delay probability density function (pdf) for the static and adaptive persistent uplink resource allocation schemes for a general/arbitrary packet arrival process for user and network oriented M2M applications such as Advanced Metering Infrastructure (AMI), automated Demand Response (DR), Fault Detection, Isolation and Restoration (FDIR) and Wide Area Measurement System (WAMS).
In [5] , [18] - [21] the importance that persistent scheduling will have in the new 5G cellular systems is shown. Persistent scheduling is used as a solution to reduce signaling signals during transmission and thus obtain low latency. In [5] , [18] , [20] , [22] , [32] Skype traffic is described as an important service for 5G cellular systems. In [23] and [24] , they use non-uniform user distributions to describe more realistic models for 5G cellular systems.
Therefore, we consider that persistent scheduling will be used for the next generation of cellular systems, as well as the non-uniform distribution of users for 5G networks and services such as VoIP and Skype traffic.
As we can see in the analytical models they only develop a teletraffic model or a model of interference analysis separately and without using the order statistics. In this paper, we present an analitical model to analyze the persistent scheduling transmission of VoIP traffic. The system performance is evaluated by a combination of birth and death processes and interference analysis. An analytical model using Markov chains is proposed to evaluate the performance of If multiple users present a band as their best band, two different aproaches are analyzed: Random allocation and Maximum SIR allocation. The random allocation is used when multiple users present a band Bi as their best band, the BS randomly picks one of these users and allocates the band to that user. On the other hand, when multiple users reported the band Bi as their best band, the BS allocates the band to the user who submits the Maximum SIR. The obtained SIR is then used to evaluated the probability of using an specific Modulation and Coding Scheme (MCS). These MCS will be introduced in the birth and death process as a diferent arrival rates and service times as explained in section V. In this paper we show that the assignment of maximum SIR presents better performance. The analytical method is summarized in Figure 1 . To analize the analytical model of multiple resources allocation with persistent scheduling in the OFDMA system, a method with feedback is developed, as shown in Figure 1 With this analysis we allocate resources optimally depending on the MCS that corresponds to each user and allows us to evaluate the probability of forced termination, based on the diferent arrival rates and service times. 3) Decision Making: In this block the evaluation of the blocking probability is performed and compared with the expected probability. If the condition is not met, the arrival rates are reduced and the system is fedback. Otherwise, the results are obtained. The rest of the paper is organized as follows. Section II explains the principle of persistent scheduling for VoIP traffic. In section III, the number of resource blocks for different MCS is calculated. In section IV the interference analysis is presented and we obtain the order statistics of the SIR bands. In Section V, the model used in the analysis of wireless mobile networks with OFDMA VoIP traffic is described. Section VI shows mathematic results with random allocation and Maximum SIR allocation. The blocking probability and probability of forced termination for users with non-uniform distribution and Skype traffic are also shown. The conclusions of this work are presented in Section VII. 
II. PERSISTENT ALLOCATION OF VoIP
In OFDMA systems the scheduler resides in the eNodeB (eNB) and allocates transmission resources to UEs by sending Scheduling Grants. In Evolved UTRA, VoIP service is an important service to be supported. However, VoIP service has different characteristics from other services. The size of packet data for VoIP is very small and periodically generated. Considering these characteristics, dynamic scheduling, i.e. request and grant signaling per Transmission Time Interval (TTI), doesn't seem to be a good approach from the signaling overhead point of view. Instead, persistent scheduling has been discussed as one option for VoIP [25] .
A fully persistent allocation would mean a CS like allocation for VoIP. Radio Resource Control (RRC) signalling would be used to allocate a time/frequency resource (localized or distributed) as well as a fixed modulation scheme to a VoIP user. The allocation should also include resources required for HARQ retransmissions. The allocation could even be so persistent that HARQ ACK/NAKs are not sent but instead each packet is sent a fixed number of times [26] .
On average, VoIP users are one half of the time in silent and, correspondingly, the other half in a active state. If a user is active, a voice packet arrives every 20 ms while on inactive periods a Silence Insertion Descriptor (SID) packet is generated every 160 ms [2] . When a user is born in the system and has information to transmit, it sends a resource request to the base station via a shared channel. The base station receives the message and allocates resources to the user according to its channel conditions, this allocation is preserved during burst packet transmission. If the user switches to silent, the base station is informed, which in turn allocates resources for the SID packets every 160 ms. The persistent allocation procedure is shown in Figure 2 , where the transmission setting is performed by NAK/ACK messages [26] . The pros and cons of this methodology can be summarized as 2nd or 3rd OFDM follows:
Pros: -Reduced signalling overhead.
-Simple. Cons: -Wasted resources: o Unused HARQ retransmission resources are not used for other users. o Unused resources during voice silent periods are not allocated to others. -VoIP (and system) capacity limited since unused resources cannot be allocated to other users. UE generates a VoIP packet per 20 ms TTI during talkspurt and a SID packet per 160 ms during silent period.
Since there is no jittering in uplink side, packet generation would not experience the delay. NodeB allocates different resource depending on UE status as follows [26] :
-When UE starts to generate VoIP data: * UE sends uplink scheduling request. * eNB assigns the frequency resource to this UE with persistent scheduling and assigns a resource considering the average number of retransmissions or target number of transmissions. Retransmission timing needs to be pre-configured. * After receiving the allocation with persistent scheduling, UE assumes that resource is reserved for itself at every 20 ms and, hence, UE sends VoIP packet with the scheduled resource. -When UE goes to the silent period:
* UE sends a SID packet before entering the silent period with the allocated resource. * eNB de-allocates the resource and allocates the resource for a SID packet if the eNB receives a SID packet. * After receiving the allocation with persistent signaling, the UE assumes that resource is reserved for itself at every 160 ms and, hence, the UE sends SID packet with the scheduled resource.
III. NUMBER OF RESOURCE BLOCKS FOR DIFFERENT MCS
The arrival rates in the active state can be used to calculate the number of requests for persistent allocation of resource for VoIP traffic. In general, it is expected that a single resource request and/or scheduling grant is required for persistent allocation of resources when a VoIP user moves from the inactive to the talking state [27] .
As an example, we take the LTE system requirements, which are based on OFDMA. The VoIP traffic parameters are given in Table 1 [27] . At a voice source rate of 12.2 Kb/s, a voice frame generated every 20 ms consists of 244 bits (12.2 Kb/s * 20 ms). The total protocol overhead per voice frame includes 10-bits of Real-time Transport Protocol (RTP) pre-header and 2-bits padding resulting in a total of 256 bits (32 bytes). Furthermore, a compressed RTP/User Datagram Protocol (UDP)/Internet Protocol (IP) header, consisting of 4 bytes, is attached to the packet making the total size of 36 bytes. With 2 bytes of Layer, 2 overhead consisting of Radio Link Control (RLC) and security header, and 16 bits (2 bytes) Cyclic Redundancy Check (CRC), the total VoIP payload size transmitted over the air interface becomes 40 bytes. A Silence Insertion Descriptor (SID) packet consisting of a total of 15 bytes is transmitted every 160 ms (or the equivalent of 8 voice frames) during silence periods [27] .
In LTE, a Resource Block (RB) has dimensions of subcarriers per symbols. Twelve consecutive subcarriers in the frequency domain and six or seven symbols in the time domain form each RB. The transmission bandwidth configuration is the maximum number of RB for the particular Channel Bandwidth. The maximum occupied bandwidth is the number of RBs multiplied by 180 kHz [28] , leaving the rest of the channel bandwidth for guard bands on the two edges. The LTE system supports a set of six channel bandwidths as shown in Table 2 [28] .
The number of symbols depends on the Cyclic Prefix (CP) in use. When a normal CP is used, the Resource Block contains seven symbols. When an extended CP is used, the RB contains six symbols. A delay spread that exceeds the normal CP length must use an extended CP [28] . The transmission bandwidth is the number of active RB in a transmission. As the bandwidth increases, the number of Resource Blocks increases.
We notice that the maximum occupied bandwidth is 90% for 3-20 MHz. For a 1.4 MHz channel bandwidth, the transmission bandwidth is only 77% of the whole channel bandwidth. Therefore, LTE deployment in the small 1.4 MHz channel is less spectrally efficient than the 3 MHz and larger channel bandwidths. The maximum occupied bandwidth configuration in MHz is given in (1) [27] .
where f = 15 kHz is the subcarrier spacing. N RB is the number of resource blocks. N RB SC = 12 is the number of subcarriers within a resource block.
The calculations for the bandwidths relative efficiency are shown in Table 3 [27] . The real efficiency of the system depends on the MCS used based on the SIR. According to the results in Table 3 , the efficiency is quite similar for the bandwidths of 5 to 20 MHz while there is a 15% difference for 3 MHz. The efficiency with 1.4 MHz bandwidth is approximately 35-40% lower than that for 10 MHz. Taking into account the information of Table 1 , 2 and 3, and the procedures of [29] , we obtain the results shown in Table 4 , for a 5 MHz bandwidth [30] .
Using the same methodology for Skype traffic, which uses a minimum speed for a video session of 128 kbps, that is approximately 10 times greater than a voice call. Therefore we can assume that 10 times more than the resources are used for VoIP traffic depending on each modulation and coding scheme as shown in Table 4 . In this case, a 20 MHz bandwidth is used for the evaluation.
The air frame resource allocation for each user is performed by the scheduling. N RB are allocated in the frequency bandwidth and one sub-frame of 1 ms is used for time emission. A resource element (RE) is defined as one OFDM symbol on one subcarrier frequency. Each sub-frame contains pilot REs, physical downlink control channel (PDCCH) REs and the physical downlink shared channel (PDSCH) REs.
The PDSCH REs are used for user data transmission. The REs dedicated to PDCCH, pilot and synchronization symbols are considered air frame overhead and represent an important percentage of the frame capacity, especially in the lower bandwidths.
The Number of channel bits (N c h) necessary for each user data transmission is strictly derived from the modulation order (M ), the scheduled radio bandwidth allocation (N R B) , and the number of REs per RB available in the PDSCH, N RE/RB , as shown in (2) [31] . To compute the number of REs per RB pair per sub-frame (3) is used.
where:
-C OFDM = number of OFDM symbols dedicated to control fields PDCCH. -N pilots = number of REs dedicated to pilots.
-S OFDM = number of OFDM symbols per sub-frame.
-RE BCH = number of REs dedicated to BCH overhead.
-RE SCH = number of REs dedicated to SCH overhead. Control channels occupy the 1st, 2nd or 3rd OFDM symbols in a subframe extending over the entire system bandwidth. In narrow band systems (less than 10 RBs), the control symbols can be increased to include the fourth OFDM symbol [32] . As an example of calculation according to results in Table 3 , the BCH overhead for 1.4 MHz bandwidth occupies 2.9% of total resource blocks, that is, RB 2.9% = ((1.4MHz/180KHz)2.9)/100 = 0.225. When the normal CP is used a resource block it consists of 12 carriers in the frequency domain and 7 symbols in the time domain, this is 84 resource elements, RE BCH = 0.225 * 84 ≈ 19. The results for different bandwidth are shown in Table 5 .
For VoIP traffic and the bandwidth of 5 MHz, 25 RBs are available and considering the information of Table 5 
IV. SIR ANALYSIS AND ORDER STATISTICS
A 19-cell system is considered. It is assumed that the transmission power is the same for all cells with a uniform density of users. The position can be characterized in terms of polar coordinates (d, ϕ) with joint distributios f d,ϕ (d, ϕ). The marginal distributios of distance den(d) can now be computed by integrating over f d,ϕ (d, ϕ) as (4). In this scheme, all cells can transmit at the same time; interference between neighboring cells is generated. The frequency band of S resources is then partitioned into C chunks (bands), each containing L = S/C resources. The mobile station (MS) location in regard to each BS is known. With this location, the distance between the MS and the BS, and the Line-OfSight (LOS) direction regarding the BS and MS can both be determined [33] .
where d is the distance to the serving BS and the phases ϕ can be assumed to be uniformly distributed over [−π, π].
For the sake of simplicity we do not consider the background noise. The equation for calculating the SIR of the i-th band is shown in (5) [34] .
where i = 1, . . . , C, P t is the transmission power and the small-scale fading between the mobile and an interfering base station y ∈ φ in the i − th band is given by h y,i . That is, The interfering random variables are considered as Rayleigh fading, which implies that h y,i is exponentially distributed. The path loss is given by z −α where α is the path loss exponent, and y −α is the path loss between the target user and the interfering signal.
To calculate the transmission rate Shannon's equation is used, is shown in (6) , where W is the bandwidth.
S(bit/s) = Wlog
Every mobile user will be able to estimate the SIR in each band by using pilots. So, a mobile user can order the quality of his bands based on the computed SIR and report the order to the BS. We assume each mobile user reports the order of C best bands. The BS receives this band ordering report from all its users and allocates the bands in the following greedy manner [34] :
1) The BS first considers the best bands of all the users. For each band B i , i = 1, . . . ,C, the BS lists all the users who reported bi as their best band. If only a single user reported B i as its best band, the BS allocates the band to that user. If multiple users reported B i as their best band, the BS allocates the band following two alternatives [34] : * The user who submits the maximum SIR (Maximum SIR allocation). * The BS randomly picks one of these users and allocates the band to that user (Random allocation). 2) The BS then considers only the unallocated bands and the second best bands of the remaining users (users whose best band was not allocated) and repeats the above procedure with the second best band [34] . 3) This allocation continues until each user has an assigned band. Note that on the i-th iteration the BS focusing on the ith best band. The order statistics of the SIR s (SIR i:C ) are necessary for computing the transmission probability of a user. The SIR i:C are not independent, therefore dependent order statistics are used, then, the conditional distribution of SIR i:C , given that SIR j:C for j > i.
Let SIR i:C denote the random variable corresponding to the ith largest observation of the C original random variables, such that SIR 1:C ≤ SIR 2:C ≤ . . . ≤ SIR C:C . SIR i:C is also called ith order statistics. To calculate the conditional distribution we use Theorem 1.
Theorem 1: Let SIR 1:C ≤ SIR 2:C ≤ . . . ≤ SIR C:C , the condictional distribution of the ith order statistics, SIR i:C , given that the jth order statistics SIR j:C is equal to SIR j , where i < j, is equal to the probability that P = (SIR r:C ≤ θ ) which is denoted by F r:C (SIR) is given by 
Proof : See Appendix. The probability that the user is allocated i-th best band can be computed by looking at the distribution of the empty bins is given in (8, 9) [34], [35] .
where In the same way as order statistics, the probability to use a service rate can be obtained. Using the expression P i * λ i for a transmission rate T i , depending of the SIR i . This shown in Figure 3 , with the seven possible MCS calculated in Section III. Where P i is the probability that the user is born in the area i (i = 1, . . . , 7), and assigned the corresponding MCS depending on the calculation of the SIR. To calculate this probability, a uniform distribution of users is assumed as well.
Using the probability density function of the order statistics in (7) and Table 6 , the new probabilities, P i can be get by (10) , this probabilities are shown in the Table 7 , which modifies the coverage areas of the cell as shown in Figure 4 . It is noted that the areas of greater band increases, since the probability of transmitting the first best band modify the statistics. These probabilities will be used in the next section. Note that uniform density of users is used, but any other distribution can be used.
We can use the same methodology for a non-uniform user distribution, using equation (11) instead of equation (4) . In [24] they define a non-uniform user density model where the density f den (d) depends on the distance to the serving BS. We use an exponential non-uniform user density model. The mathematical definition of the exponential user density VOLUME 6, 2018 model is:
where G Exp represent the maximun density in exponential density model, E is the parameter to control the nonuniformity level, E reflects the slope of the exponential user density. If E is large, it has high density and high attraction near the cell center. If E is small, it has almost uniform user density and low attraction. When E = 0, it is exactly the same as the uniform user density [24] . G Tum is named as the adjustment gain of non-uniform user density model. The adjustment gain G Tun should be obtained experimentally. The Table 8 gives an example of the experimentally obtained gain, G Tun .
Using a cell radius R = 100, G Exp = 1, E = 0.05 and G Tun = 17.08, with a non-uniform user distribution, the density of the distance given by f den (d) and the phases ϕ can be assumed to be uniformly distributed over [−π, π] . Therefore the radio propagation environment can be modeled as twodimensional. We assumes that the plane waves propagate in a 2-D (x, y) plane and arrive at the MS from all directions with equal probability, i.e., p(ϕ) = 1/(2π ), ϕ ∈ [−π, π]. Figure 5 shows the distribution of users in a cell with radius R=100, both for a uniform and for a non-uniform distribution. It is observed that in the non-uniform distribution the users are concentrated near the base station.
Using the same methodology for a non-uniform user distribution, P i can be get by (10) , this probabilities are shown in the Table 7 .
V. TELETRAFFIC ANALYSIS
The proposed model is based on the assumption that we have S RBs available in the system and that the users born in the system in an active state with probability p and in silent state with probability (1 − p). When the S resources are being used and a user that wants to send the information, the call is considered blocked. With this model we can obtain the probability of being in any state of the system, the blocking probability and the probability of forced termination depending on the arrival and death rates of the users.
A. STATE DIAGRAM
This sub-section describes the possible and valid states that the users can take in the system. The variables used in the analysis of the proposed model are:
-n 1 : The number of active users in the system. -n 2 : The number of silent users in the system.
-S: The number of resources available in the system. -λ: The average talk spurt arrival rate. The arrival is modeled as a Poisson process. -λ 1 : The average talk spurt arrival rate in silent state
The average talk spurt arrival rate in active state = pλP i . Where P i can be get by (10) in the previous section.
-λ 3 : The change rate of state (active to silent). -µ 1 : The average service rate of the silent users, the silent time is modeled as an exponential distribution. -µ 2 : The average service rate of the active users, the active time is modeled as an exponential distribution. -µ 3 : The change rate of state (silent to active). Figure 6 shows the diagram of possible states in the system. It is observed that users may born or die in active and silence states. Also, it is possible to have a state change, that is, from active to silence and viceversa. The condition that each state must meet to be a valid state in the system it is given by (12) .
where l is the number of resource blocks required for the active user, k is the number of resource blocks required for the silence user, i is the number of active users and j is the number of silence users, therefore
The model of the birth-death as shown in Figure 6 , is constructed to represent the change in number of active and silence users. In this model, all users are divided into two traffic categories: active and silence users. The columns and rows of this model represent the change in number of active and silence users, respectively. Figure 7 shows the state transition diagram, where a 1 represents the rate of acceptance of an active user, a 2 acceptance rate of a user in silence and a 3 the change rate of state (silence to active). b 1 represents the death rate of an active user, b 2 represent death rate of a user in silence and b 3 is the change rate of state (active to silence).
B. STATE TRANSITION DIAGRAM

C. EXCHANGE RATES OF STATE AND PROBABILITY OF STATE
The rates for state changes and the expression for calculating the probability of state are given in (14) (15) (16) (17) (18) (19) .
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In (20), it is shown the expression for calculating the probability of state of the analyzed system.
Users can be born in the active state, with λ rate and in different rings using the probabilities calculated in the previous section, with the probabilities given by (21) .
, RB = 1 or 10 P 2 λp, 64QAM2/3, RB = 4 or 40 P 3 λp, 16QAM3/4, RB = 5 or 50 P 4 λp, 16QAM1/2, RB = 6 or 60 P 5 λp, QPSK3/4, RB = 8 or 80 P 6 λp, QPSK1/2, RB = 9 or 90 P 7 λp, BPSK1/2, RB = 12 or 120 (21) We calculated the probability of forced termination corresponding to a silent user changing to active state, because users in silence just need a RB to send the message SID to change state and may not exist resources available to meet the user depending on the ring where the user is born.
VI. NUMERICAL RESULTS
This section presents the numerical results. The system parameters are given in Table 9 . Using the data of Table 4 and the condition of valid states in (12) , the number of valid states for each bandwidth is calculated, and this is shown in Table 10 .
We calculated the valid states when resource blocks are fully occupied for uniform user distribution and VoIP traffic. For example, for 5 MHz bandwidth (25 resource blocks), there are 109 valid states when resource blocks are fully occupied, this is shown in Figure 8 . In Figure 9 we can see a specific case of the 109 possible valid states. We notice that we have 6 users with 64QAM, 3/4 (6 RBs), 1 user with 16QAM, 3/4 (5 RBs), 1 user with 16QAM, 1/2 (6 RBs) and 1 user with The users arrive to the system with a Poisson rate and stay in it until a packet is transmitted within t minutes (the mean service time, depending on the MCS in Table 6 ). Using (13)- (20) and the condition in (12), we can calculate the probability of forced termination of the system for different values of the available resources, with a 5 MHz bandwidth. Figure 10 shows the probability of forced termination for the system with uniform user distribution and VoIP traffic, with and without order statistics, described in Section IV.
As direct evaluation of (8) is not feasible, we obtain P 1 , . . . , P C using simulations. See Figure 11 for the probability of allocating n-th best band when C = 10. Figures 12 and 13 show the results of the SIR and transmission rate, respectively. We compared the random allocation and Maximum Signal to Interference Ratio Allocation and it is shown that Maximum Signal to Interference Ratio allocation has a significant gain in regard to random allocation, since it always seeks to transmit to the maximum SIR.
A performance analysis using the same methodology is now developed for a non-uniform user distribution (exponential density model) and Skype traffic. Skype is a VoIP service that is provided by Microsoft and is currently the most widely used internationally [36] . Skype packet arrives every 20ms [37] . The mean traffic value is 128 Kbps.
We obtained the blocking probability and the probability of forced termination for this type of traffic and distribution of users. These are shown in Figures 14-15 .
It can be observed in Figures 14-15 that the non-uniform distribution has a better performance, because the users are concentrated near the base station and with the analysis of order statistics it was observed that the areas near the base station increased. In these areas, users use fewer resources for transmission and transmit at a better speed.
VII. CONCLUSIONS
In this paper, the performance of persistent scheduling scheme was studied. We obtained the number of RBs for different MCS based on SIR's taking into account the order statistics. This is complemented by a queueing analysis for persistent users considering channel conditions and the interfering users in neighboring cells, reflected in transmission rates according to the assigned MCS. The model for the teletraffic analysis is shown in Figure 6 . This model is twodimensional and is limited by the valid states of the system, which are shown in Table 10 . The order statistics of the SIR are necessary for computing the probability of a band allocation for the user. Taking into account the order statistics the areas with better channel conditions increase as can be seen in Figure 4 and with this increase the probabilities of transmitting to a better transmission rate which is reflected in a better MCS, this is shown in the Table 7 . Two different aproaches to resource allocation are analyzed: Random allocation and Maximum SIR allocation, in the results it is observed that the Maximum SIR allocation has a significant gain of up to 20% in regard to Random allocation, as shown in Figure 12 . It is seen in Figure 10 that the probability of forced termination is significantly reduced when using the order statistics analysis, because the probability that the user transmits at its best band is greater. It is observed that the order statistics model cellular systems more accurately. As an example, the numerical results shown that the probability of forced termination is corrected by more than 70% in comparison without order statistics for uniform user distribution and voice over VoIP traffic. Following the same methodology, blocking probability and probability of forced termination for Skype traffic and non-uniform exponential user distribution were obtained, which are services considered for 5G. This analysis can serve for sizing real networks. As future work we will evaluate the performance of the system with a queue and take the delay as a parameter caused by users waiting in the queue.
APPENDIX
Suppose we have C bands, that is, C values of order statistics, then by a classical result in probability theory, the probability P r,C of the realization of at least r out of the C events A 1 , . . . , A C is given by 
substituting in (22), we have
Let Y 1 , Y 2 , . . . , Y C be a random sample from an absolutely continuous population with cdf F(y) and density function f (y), and let Y (1:C) ≤ Y (2:C) ≤ . . . ≤ Y (C:C) denote the order statistics obtained from this sample. Then, the conditional distribution of Y (i:C) , given that Y (j:C) = y j for j > i, is the same as the distribution of the ith order statistic in a sample of size j − 1 from a population whose distribution is simply F(y) truncated on the right at y j [38] .
From the marginal density function of Y (i:C) and the joint density function of Y (i:C) and Y (j:C) we have the conditional density function of Y (i:C) , given that Y (j:C) = y j , as [38] 
Here i < j and −∞ < y i , y j . Note that F(y i )/F(y j ) and f (y i )/F(y j ) are the cdf and density function of the population whose distribution is obtained by truncating the distribution F(y) on the right at y j [39] .
On the other hand, the SINR of the i − th band is given by
where σ 2 is the noise variance, i = 1, . . . , C and the small scale fading between the mobile and an interfering base station y ∈ φ in the i − th band is given by h y,i . The interfering random variables are considered as Rayleigh fading, which 
implies that h y,i is exponentially distributed. The path loss is given by z −α where α is the path loss exponent. A node is set to be in coverage if its received SINR is greater than a threshold θ.
The order statistics of the ordered SINRs (SINR i:C ) are necessary for computing the transmission probability of a user. We obtain the distribution of order statistics bands, ie, P(SINR i:C ≤ θ), such that SINR C:C ≥ SINR C−1:C ≥ . . . ≥ SINR 1:C . We first begin with the distribution of the best band SINR C . 
P(C,
Using (27) , we can obtain the density function of each order statistics, conditioned to the higher-order statistics (j > i), (32) , as shown at the top of the previous page.
Using (22) , we can obtain the probability that P = (SINR r:C ≤ θ ) which we denote by F r:C (SINR) is given by, (33) , as shown at the top of the previous page.
For simplicity we do not consider the background noise, then (33) is reduced to, (34) , as shown at the top of the previous page.
